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Foreword
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entitled "Optimum Speech Signal Mapping Techniques". This project
has been completed under the direction of the I and EW Directorate
within the Rome Air Development Center.
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have made major contributions to the development of speech processing
has been designed and constructed under the guidance of Mr. Arthur
Crooke; computer programs have been prepared by Mr. Paul Connolly
and Miss Helen O'Shea; and the transcription techniques were developed
by Mr. William Floyd, Miss Alice Hartley, and Dr. George Sebestyen.
Mr. Floyd has served as Project Engineer and Dr. Sebestyen has
provided technical guidance for the éentire program.

In addition to the other individuals in the Communication Sciences
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ABSTRACT

The problem of representing speech signals in a format which
will facilitate automatic speech transcription has been investigated. The
method of representation selected for experimental study involves the
transformation of speech signals into sequences of periodically sampled
outputs of speech parameter extractors, i.e., devices designed to extract
clues from speech signals which will serve to identify the language element
being uttered. Automatic extractors have been constructed and data has
been collected to ascertain the degree to which speech sounds can be
identified properly, using several parameters reflecting the location of
formants and spectral shape information.

Methods of completing the transformation, or transcription, of
speech into sequences of language elements suitable for presentation to
a human readerhave also been investigated. Test results indicate that
the most easily instrumented transcription methods can be expected to
yield readable transcriptions from the use of a small number of speech
parameters.



5.

TABLE OF CONTENTS

INTRODUCTION
THEORETICAL BASIS FOR AUTOMATIC SPEECH
TRANSCRIPTION
2.1 Selection of Language Elements
.2 Selection of Speech Parameters
3 Pattern Recognition Methods

. 1.1 Description of Equipment
. 1.2 Parameter Quantization

3.2 Distribution of Speech Sounds in Parameter Space

.2, 1 Parameter Space Usage
.2.2 Overlap Between Speech Sounds in Parameter Space

wu

SPEECH TRANSCRIPTION AND WORD RECOGNITION
TECHNI] QUES

4.1 Speech Transcription Methods

4.2 Word Recognition Methods

CONCLUSIONS AND RECOMMENDATIONS

APPENDIX 1

APPENDIX II

APPENDIX III

R_giexence List

26

28
40

41
45
52
62

62
70

75
79
82

90



y

Number age

Two Basic Transformations in the Representation of Speech
Hypothetical Distribution of Two Speech Sounds in a Two-=
Dimensional Parameter Space

Hypothetical Multi-Modal Distribution of Two Spéech Sounds in a
Two-Dimensional Parameter Space

Block Diagram of Approach to Parameter Extraction and Speech
Signal Mapping

Block Diagram of Experimental Speech Processing Equipment
Litton Vocoder Spectrum Analyzer Filter Bank Response
Spectrum Peak Picker ‘

Formant Indications Provided by a Spectrograin and an Automa-=
tic Peak Picker for the Word ""ONE"

W

'S

0 ~I 0N W

(Vo)
O
o
e
o
w;
o3
=9
o
pube
g
o
o
o
s
[0
w
@
(2]
2}
S
[o™
[7>]
o]
(]
(2]
-
L]
=3
]
§'
a&
&
o]
o
&
2&
H
pr
[2)
[ nd
[o]]
"
o
-,
©
L2}

Sinewave Inputs at Different Frequencies

10 Spectrum Peak Picker Output Representation of the Spoken Word
IIASKI‘I

11 Reference Library Structure by Number of Spectrum Peaks

12 Spectral Peak Profiles of Vowel Sounds for Speaker Number One

13 Spectral Peak Profiles of Vowel Sounds for Speaker Number Two

14 Spectral Peak Profiles of Vowel Sounds for Speaker Number Three

15 Recognition of the Words "ART" and "TAR"

16 Flow Chart for Spectrum Peak Picking Program

17 Three-Bit Quantized and Peak-Picked Representation of the
Spoken Word'"ONE"

18 Flow Chart for SMREF

19 Flow Chart for Matching (subroutine for SMREF)

20 Output Section for SMREF

svi!



Number

O O = O G W B

11

12

13

14

15
16
17
18

19
20

List of _Tia;big 8

Phoneti¢c Alphabet 10

Correéspondence Between Speech Features and Phonemes 13

List of Speech Parameéters Investigated 27

Segmentation of "Two Three" with the Parameter AS 37
Speech Parameter Quantization 40

Three Word Lists Employed for Vowel Sounds 42
Representation of the Word "NECK'" in Parameter Space 43
Binary Représentations of Speech Parameters 44
Number of Samples and Patterns Obtained from Three
Speakers and Vowel Sounds 46
Complete Histogram for the Sound EE(i) in Peak Space
(Speaker Number One). 48
Fraction of Vowel Samples Coveréd by the Ten Most
Frequently Occurring Patterns 50
Estimated Relative Frequency of Correct and Misclasgsifica«
tion of Vowel Sounds for Speaker Number One, and Two
Parameter Spaces 54
Estimated Relative Frequency of Correct and Misclassifica=-
tion of Vowel Sounds for Speaker Number Two; and Two
Parameter Spaces 55
Estimated Relative Frequency of Correct and Misclagsifica=
tion of Vowel Sounds for Speaker Number Three, and Two
Parameter Spaces . 56
Number of Different Patterns with p Peaks which Ever

Arige from k Speech Sounds 57
Exact Match Transcription of Test Word List for Speaker
Number One 67
Exact Match Transcription of Test Word List for Speaker
Number Two 68
Exact Match Transcription of Test Word List for Speaker
Number Three 69
Test Word List 73
Relative Frequency of Occurrencé of Sounds 76

§oree

JR——



1 INTRODUCTION

The general problem with which this study has been concerned is
that of determining efficient methods of transforming speech signals into
sequences of language elements suitable for presentation either to a hurman
oF to a machine. In the case of a human recipient, the transformed speech
should convey the same information as would be possible through the use of
a hurnan stenographer and typist. Thus, a machine designed to implement
the speech transformation methods might be called a ""phonetic typewriter'. *
If the set of language elements into which the speech signals are transformed.
consists of a phonetic alphabet, then such a machine could be designated
more accurately as an automatic speech transcriber.

An automatic speech transcription capability is applicable to
essentially any communications problem involving (a) human speech as an
information source or relay, (b) a temporary or permanent storage require=
ment; and (¢) a need for rapid human assimilation of the information. A
person can read printed matter at the rate of many hundreds of words per
minute; however, a speaker generates information at a considerably lower
ra.te To ach1eve the h1gher rate of ass1m1lat1on, speech must be converted
speech to prmted text 1nvolve e1ther a.t lea.st ohe add1t1ona1 person or a éonhs
siderable delay or both. An automatic speech transcription device would
replace the extra individual as well as eliminate or reduce significantly the
transcription delay.

In addition to and perhaps more important than its utility as a trans-
criber of text, a speech transcription technique inherently carries with it the
capability for voice control of machines. Thus, for instance, instead of the
depression of keys, pedals, buttons and the like as a means of feeding infor-
mation into a computer, a speech transcriber with a word recognition unit
could be used to program as well as insert data into the computer. Thus,
in many applications involving the transfer of human-generated instructions
to machines, a speech transcriber can serve to relieve the human from the
burden of having to learn new, and usually relatively slow methods of com-
munication, by allowing the use of a natural method: a spoken language.

#See [6]. Each reference in this report is indicated by a number enclosed
in brackets. The Reference List at the end of the report identifies the
numbers with full descriptions of the references.



The specific puf'pise of the current pr@jéct undér Comfact N@,
mgnals to fa.c111tate aiutomatic spéech transcnptmn It is de,su_'ed th_at the
derived representation be optimized with réspect to accuracy of represen-
tation, storage requirements, and ease of implementation,

The derivation of such a representation requires that suitable
measurable speech signal properties, or parameters, be found which
serve to preserve the linguistic information in speech and also serve
as suitable inputs to a language element recognizer. The extraction of
these pararneters may be regarded as a transformation, or mapping,
from '"'speech signal space'" to ''parametet space''. As depicted in Figure
1, this transformation, T, is to be followed by another T, which would
complete the conversion of speech to readable form by mapping the elements
of parameter space into a space of language elements. Although the primary
purpose of this study has been to investigate the initial transformation, Ty,
results have also been obtained for a few methods of completing the trans- -
cription of speech; i.e., performing T2 using a phonetic alphabet a8 the
language element space.

The approach taken on this project has been to investigate first
the accuracy of representation of speech attainable with the simplest form
of implementation and minimum extracted speech data. Through the sys-
tematic augmentation of extracted speech parameters and refinement of
recognition methods, the following results have been assured:

1) Speech representationaccuracy will always improve as further
effortis expended, and

2) Reliable relationships between representation accuracy, infor-
mation storage re q irgments. and equipment simplicity will be obtained,
from which a judgment as to an optimum combination can be made.

In Section 2 of this report th@ theory underlying these transcription
methods is reviewed: The basis for using a phonetic alphabet, rather than
some other set of language elements, is presented along with discussions
of the problem of selecting apprepri@te spee ech parameters and methods of
processing parameter values to reco
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The representation of speech in parameter spaces formed by two
combinations of spéeech parameters is discussed in Section 3. Data are
presented which indicate the storage requirernents and accuracy associated
with these representations.

Specific transcription and word recognition methods are described
in Section 4. Results of experiments conducted to ascertain performance
capabilities of these methods are also included in the fourth section, for
one spéech parameter space. .

Conclusions regarding the type of speech representation which will
prove most useful for preserving the information content of speech, and
also serve as a convenient means of implementing automati¢ transcription
techniques are presented in Section 5.
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2. THEORETICAL BASIS FOR AUTOMATIC SPEECH TRANSCRIPTION

The transformation of speech into readable text involves two basic
steps, or subsidiary transformations. As previously noted (Figure 1) the
first involves association of a set of parameter values with each possible
spéech signal. The second involves the association of language éelements
with patterns of parameter values. Derivation of these two subsidiary
transformations requires that a suitable list of parameters be selected,
and a method be devised for associating patterns of these pararmeters with
language elements. Also; a specific set of language elements must be
selected These three aspects of the speech transformation problem are
discussed in the following subsections.

2.1 SELECTION OF LANGUAGE ELEMENTS

Several possibilities have been given consideration as language
elements. The most frequently listed elements are words, syllables,
phonemes, and phonetic elements, or '"sounds". Several investigations
have been conducted to determine the feasibility of using each of these
language elernents as a basis for transcription. ¥ From the standpoint of

language elements. However, with these elements the problem of selecting
suitable parameters for representing speech is difficult to solve within
reasonable limits on equipment complexity and/or storage requirements.
represent a reasonably broad class of speech signals ig large. A rudi-
mentary vocabulary consists of several hundred words. This fact creates
several obstacles to the construction of an automatic transcriber using
words as the language elements. Notable among these is the difficulty of
selecting parameters which are useful for separating more than a few words.
Since words are composed of sequences of the intervals of speech corres-
ponding to different states of the speech source, it is clear that parameters

must be constructed in such a way as to produce different values for these
sequences. This requirement suggests that parameters should be chosen
by examining a given collection of words and selecting features of these
specific words which tend to separate them. If the vocabulary is to remain

the same, then this can produce a satisfactory result. If, however, the
vocabulary is ever augmented, or even changed by replacement, then

there is no guarantee that the selected parameters will produce a reasonable
separation of the new words. Thus, from the standpoint of either restricting
the speech which can be transformed satisfactorily or requiring major changes
in the operations involved in speech representation in parameter space, words
are unattractive as language elements.

*See for instance | 7] for words, [16] for syllables, and [5] for phonetic
elements or phonemes.
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A related, practical difficulty which arises from the use of words
as language elements is that the humber of positions in parameter space
which can conceivably correspond to words is large. If; for instance,
periodic speech samples (spaced A seconds apart) are quantized in some
mannetr with q possible different vja}ues. then the number of possible
positions in patameter space is q1/A , where T is an indication of the

duration of a spoken word. For most words, % is greater than 10, and if

q= 10° (a conservative assumption) then parameter space may consist of

as many as 1060 different points. Of course, if parameters are constructed
from sequences of speech samples; then this number can be reduced tre-
mendously. The selection of such parame ters, however, very likely cannot
be accomplished through the systematic examination of combinations of
parameters as suggested in Section 2.1, because the number of different
words and speech samples involved in a respectable vocabulary would be
too large. Letting w denote the number of words in a vocabulary;, and u
denote the number of utterances of each word that would be used as a basis

for learning the distribution of words in parameter space, suppose it is
desired that all combinations of k parameters out of n candidates be examined.
This would require that (Z (W) (u)i ; 1 speech samples be processed. For
% =10 samples per word, u = 10 utterances, n = 10 parameters, and k = 8,

then 450, 000 speech samples would have to be processed to obtain an indi=

cation of the dstribution of only 100 words in the spaces formed by all com-
binations of the eight parameters. If 60 samples are obtained each second,
then approximately 40 hours of speech would h2ve to be processed to obtain
the required dta.

Another problem which arises from the use of words as language
elements is that speech signals inherently must be segmented by some
means into intervals of time corresponding to utterances of words. The
transitions and other characteristics of signals, including silence intervals,
apparently do not offer an unambiguous basis for performing this segmen-
tation, This problem alone serves to restrict the use of words as basic
language elements to the representation of words spoken in isolation. For
continuous speech, most of the effort in recent years has been applied to
the investigation of syllables or subsyllabic language elements.

!6-



If syllables are used as language elements, then some of the
difficulties associated with the use of words are aineliorated. The
correspondence between source statées and syllables involves shorter
sequences of intervals during which speech signals do not change signi-
ficantiy, and t‘he ﬁu‘mbéf of difféi"éﬁt syllab‘léé fequiféd t@ ’fepresent
in a comprehens;ve vocabulary Unhke words, syllables fe. ed not (and
probably cannot) be defined in a way which exactly corresponds to linguistic
syllabification. One method which has been under study** for several years
employs syllables defined as patterns of parameter values corresponding to
utterances of standard, short words. In this system, the parameters con-
gist of presence or absence of threshold crossings at the outputs of a filter
bank, sampled at several different times. The samples are taken at times
corresponding to significant changes in the speech signal. With 8 filters
and 5 samples per syllable, the parameter space consists of 240 possible
patterns. Very likely, only a small percentage of these patterns would
ever occur as the result of speech signals. In [6 ], for instance, it is
suggested that ten to fifteen different patterns arise from a given syllable,
and if 1000 syllables are required to adequately represent speech, then
approximately 104 different patterns of parameter values would be used,
assuming negligible overlap between syllables. This number places the
use of syllables within the realm of practicality. The design of "Exact
Match" devices for associating patterns of parameter values with syllables
c¢an exploit "either-or', "always-present", and '"never present' conditions
for each of the 40 binary parametérs corresponding to a filter and sampling
instant. For any single syllable; the 'never present' condition will exist
for most of the parameters,; thus allowing for construction of a relay "tree",
consisting of only a few relays, for recognition of each syllable.

As remarked above, the two primary ways in whizh the use of
syllables constitutes an improvement over the use of words as language
elements are (a) the number of significant changes which occur in speech

‘signals during intervals corresponding to language elements is reduced,

and (b) the number of different language elements needed to adequately
represent speech is reduced. These changes permit the use of a smaller
pai-a.meter space, and simplify language element recognition (1000 syllables
instead of perhaps 5000 words for a comprehensive vocabulary). To some

investigators, it appears that the use of sub-syllabic language elementa

would offer even greater simplification of the speech recognition problem

*It is su gge.s e.., T '[ ] that 1000 syllables would suffice to accurately
represent an stricted vocabulary.
*%[6].
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by the same means: reduction in the size of parameter space, and re-
duction in the number of language elements (i.e., the number of alter=
natives to which each pattern of parameter values must be assigned).
Representation of speech with phonemes, for instance, has been the goal
of several investigations. As with syllables, the definition of phonemes
for the purpose of automatic sépeech transcription necessarily differs
from the linguistic definition.* For automatic speech transcription, a
phoneme consists of those patterns of parameter values which result
from utterances judged by either a human or other means to be a dis-
tinctive speech sound. If the judgment is made by a human, then these
language elements comprise a phonetic alphabet. From the standpoint
of ease of interpretation by a human reader, a phonetic alphabet evidently
would be quite satisfactary. Although the reader would be requiredto
learn the alphabet, this can be accomplished quite easily. *%*

In view of the fact that words and syllables are composed of
sequences of phonetically distinguishable intervals of speech, it might
be expected that speech signals will change less during intervals assigned
to symbols in a phonetic alphabet than during intervals which would be
assigned to syllables or words. Thus, it is8 possible that a smaller
elements than is required for the longer elements. However, it has
been contended that no matter what parameters are used, the variations
in manifestations of different speech sounds (in different environments,
from different speakers, etc.) in parameter space are so large that
separation of these sounds is not possible. The question of feasibility
contrary points of view probably can be resolved in the affirmative only
by demonstration, i.e., by developing operations which actually produce
different outputs corresponding to different sounds.

elements to represent speech vastly simplifies the problem of associating
patterns of parameter values with the language elements. Approximately

If such a parameter space can be found, then the use of phonetic

40 phonemes are considered sufficient to adequately represent speech.
Thus, the number of alternatives for assignment of a pattern of parameter
values is only a few dozen, compared with a thousand or more, 2s would

be required for adequate representation with syllables or words.

*According to [ 4], "a phoneme is the minimum feature of the expression
system of a spoken language by which one thing that may be said is distinguished
from any vther thing which might have been said'.

**It has been suggested that a phonetic alphabet facilitates reading, and has

been adopted for use in a few schools. See, for instance, [12].
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In keeping with examining simple methods first, we have directed
ouf attention on this project to the use of phonetic eleiments. As will be
shown in Section 3, enough separation between some of these elements can
be achieved with a minimal parameter set, to indicate that addition of other
parameters will provide essentially n'eﬁ:-‘@vﬁei‘liap,‘ping patterns of parameter
values corresponding to different speech sounds.

Rather than dwell on the distinctions between linguistic and oper=
ationally defined phonemes; we have somewhat arbitrarily set up a phonetic
alphabet which consists of symbols corresponding to intervals of speech
during which very little change can be detected acoustically. These symbols,
and examples of words whose normal pronuficiation produces speech sounds
c¢orresponding to these symbols, are listed in Table 1. Also indicated are
phonemes whose utterances produce the speech sounds. The phonetic
elements are labeled in an arbitrary but suggestive way which allows for
convenient print-out from the general purpose digital computer with which
transcription methods are simulated.

2.2 SELECTION OF SPEECH PARAMETERS

The problem of extracting clues from a speech signal which contain
sufficient information to identify the language elements being uttered can be
formulated and attacked in two somewhat different ways. One approach to
the problem consists of drawing up a list of features of speech which are
phonetically distinguishable by humans and which it is believed will serve
to classify speech signals into sequences of phonetic language elements.
These features generally correspond to different states of the human speech
source, i.e., articulatory states of the vocal trac‘,t --for example, the vocal
¢ord vibration rate, the mouth opening, and positions of the tongue and lips.
Since the correspondence between source states and the generation of phonetic
language elements is relatively well known, the representation of speech as a
sequence of these language elements can readily be solved if a means can be
devised to measure automatically the phonetic, or '"distinctive'*, features
of speech.

An example of such a list of distinctive features is shown in Table 2. %%
As indicated in the table, determination of the presence of absence of ten
speech features is evidently sufficient for a human to distinguish between 35
different phonemes (which could be used to represe

esent English quite adequately).

T
*%[ 5],



TABLE 1 - PHONETIC ALPHABET
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5 | Number

(o S L

© o 0o =3

12
13
14

Designation

5
=3

\r‘

= ®

Z 2
Q) z

Q U w

PA

Phoneme(s)

u

U

3
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SOUND GROUP

ERISTICS

| cHARACT

NOON

-10-

D | vowELs

NASAL

| CONSONANTS

VOICED
STOP
CONSONANTS




TABLE 1 (Cont.)

SOUND
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-+

___Designation SOUND GROUP
CHARACTERISTICS

Group Number | Recomp | IPA Phoneme(s)

o2 | oz
v | a2 | v v | VALY, |
| 23 | o | @ | EITHER | FricaTIVE

| 2¢ | z¢ | = | vision | consonants

25 | T | ¢ | Toot | unvorcen
vi | 2 | P | P | BEEP | sTtoP
27 | K |k | cAKE | CONSONANTS

vii | 28 | H | = | HAIL |
29 | wH |  hw | WHALE ' UNVOICED
vim | 30 | F |t |
31 TH |

o ]

>
w
i~
N
®

| CONSONANTS

| AFFRICATES

35 | Dy dg
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develop o.perat;ons whlch €an be performed on the speech waveform to
détéi‘fhiﬁé the ’p’reseﬁée or abséﬁce of the speéified d'istincti‘ve featurés'.
la.nguage elements has y1elded cona1derab1e knowledge of s,peech waves
form characteristics, notably energy distributions in time and frequency,
no reliable corréespondence betweéen such measurable characteristics and
the presence or absence of distinctive features (as judged by humans) has
as yet been developed. If this approach to the speech processing problem
is pursued vigorously, then major emphasis is inevitably placed on attempts
to develop better ways to determine presence or absence of the distinctive
features.

Although this approach recognizes the basi¢c problem of representing
speééh in terms of measurable pa.rameters, it tends to de1fy certam pre-
elements. Unfortunately, mechanmatlons of the Judgment of parameter
valués (i. e., presence or absence of distinctive features) have generally
proved unsatisfactory in one way or another.

The other general approach to the speech processing problem
differs from the first primarily in the way in which parameters are selected.
First, parameters are considered to be defined only in terms of operations
performed on the speech waveform. Although considerable guidance in the
selection of suitable operations for distinguishing speech sounds is provided
by knowledge of the manner in which humans solve the problem, no pre-
determinedlist of speech characteristics or distinctive features is drawn
up a8 an unalterable goal. Instead, several candidates for useful parameters
are selected not only on the basis of their possible potential for classifying
language elements, but also on the basis of ease of implementation. These
parameters are examined to determine which language elements can be
classified through their measurement. By study of combinations of para-
meters it is possible to pinpoint the language element confusions which
remain to be resolved, as well as the combination of parameters which
h'eves the greatest language element separation. Generally, it is ex-

cted that a close examination “of the parameter values associated with

guage elements not distinguished with the initial set of parameters will
y eld suggestions for other operations or parameters which will serve to
cl ssxfy these elements. By systematmally mtroducmg new parameters for

w

o—-w-u

anttczpated that an 1mplementable set of speech parameters w1ll be gbta,mggl
which is sufficient to classify language elements. We have pursued this
course using phonetic elements, or speech sounds, as the language elements. *

*See Table | in Section 2. 1,
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It should be emphasized at the outset that from the standpoint of
attaining or impfoving a speec‘:‘h tfanSCription capability, spéech pararhete'rs

'siaé'r thé diagram iﬁ Figure 2
result in values of two para.rneters w}uch are qu1te sim 11a.r, and 1nvolve con=
siderable overlap between the two sounds, when either parameter is measured
alone. However, simultaneous f tl

produce a non=overlapping distribution of the two sounds in the 2-dimensional
parameter space, as shown in the diagram., This rather elementary obsers-
vation suggests that (a) the systematic introduction of new parameters, as
outlined above,; will produce an efficient speech representation in terms of
storage requirements, and (b) essentially rules out the selection of speech
parameters solely on the basis of separation of single parameter values
ariging from different sounds.

In this study we have undertaken initially to develop a set of speech
parameters which serve to distinguish primarily between voiced sounds, The
s’peech méchanism fOi‘ voiced sounds may be thought c?)f as aﬁ aéouétic p‘ulse
tract, mcludmg na.sal cav1t1es), The v1brat1on rate of the vocal cordg is
commonly associated with the pitch frequency. The several resonances,
each of approximately 90 ¢ps in bandwidth, are several times higher in
frequency than the fundamental and vary considerably from sound to sound
and exhibit some variation from speaker to speaker. These resonances
of the vocal tract, called formants, give rise to local peaks in the energy
spectra of speech samples. The location of these peaks may be regarded
as indications of formant positions for voiced sounds. It has long been
recognized that formant characteristics serve to distinguish fairly well
between the vowel sounds, and also carry considerable information on
other voiced sounds. We have therefore chosen to use an estimate of
formant positions (location of spectrum peaks) as the initial set of para-
meters. The automatic extraction of local spectrum peaks can be accom-
plished with a spectrum analyzer of the type commonly used in vocoders.

A d 0 i
on the shape of the energy density spectra of speech signals. Stud
"sections' of speech (i.e., energy density spect a) on an audio si
analyzer, or observation of commutated samples of voco
puts displayed on an oscilloscope, provides a strong in Z,, d ation that d1fferent

second set of parameters has been selected to obtain in
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Figure 2. Hypothetical Distribution of Two Speech
Sounds in 2 Two-Dimensional Parameter
Space
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sounds give rige tosignificant differences in spectral shapes. Various
possibilities exist for obtaining spectral shape information. Rather than
develop a number of operations, each of which would be designed to detect
spectrum shapes associated with a few sounds, we have investigated

initially a set of parameters which is not only expected to provide useful

instrumented with a minimum of adjustment.

The two characteristics of any, possible unknown, function of a
quantity x (say, f(x)), which have come to be regarded as perhaps the
most important for characterizing the shape of f(x), are the first moment
about the origin and the second moment about the mean. Considering the
energy density spectrum of a speech sample as a function of frequency
S(f), these quantities can be defined for speech by

M
gr =t = gpectrum mean
0

] 12
- B = spectrum spread

g
™
]
™
4
H

Ss(f) df = spectrum area, or spectrum zero-th moment

]

M, = Sf 5(f) df = spectrum first moment

M2 = S‘i“ S(f) df = spectrum second moment,

It is expected that different values of 4 and ¢ will result from utterances
of different speech sounds. To obtain 4 and ¢ it is sufficient to measure
Mo. ‘Ml’ and M, r-each of which can be obtained through linear operations
on the outputs @% a vocoder spectrum analyzer. While these quantities
may not be sufficient to differentiate between all sounds, it is anticipated
that their measurement will afford a significant impravement in trans-
cription capability over that attainable with spectral peaks alone, for
unvoiced as well as voiced sounds.
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A third set of parameters, which would serve to advance trans=
cription capability significantly, consists of measurements to ascertain
those times at which parameters of the type described above are under-
going relatively rapid changes. These changes would serve to segment
speech into intervals corresponding to either the language élements being
used to represent speech; or some other elements from which the language
elements can be ascertained. By processing the information obtained in
such a segment of speech before rendering a decision as to which sound is
being uttered, the reliability of decisions can be improved over the perfor-

mance attainable through decisions rendered more frequently.

Assuming that a set of measurements, of operations; to be per-
formed on a speech signal have been formulated, consider now the behavior
of speech as represented in parameter space. This space can be formed
by considering each parameter to be a coordinate direction in (for con-
venience in visualization) a rectangular coordinate space:. A speech signal,
s(t), could then be represented in vector form.

s(t)— w(t) = [v(t), v,(0),..., v ()],

where v_(t) is the time-varying result of the operation on the speech signal
defined by the i-th parameter; i. e., v (t) indicates the point in the n-dimens=
sional parameter space (formed by the n parameters v., v_,..., v ) into
which the speech signal is mapped, at the time instant, t. “As spee%h is
uttered, the point v moves about in parameter space in some manner cor-
responding to the sequence of sounds being uttered. If a good set of para-
meters has been selected, then the point y will lie within different regions
of parameter space during intervals corresponding to different sounds.
Solution of the speech transcription problem requires that such a set of
good parameters be found, and an easily implemented method be devised
for describing the regions in parameter space corresponding to the
different sounds.

As a first step towards simplification of equipment, it is possible
to quantize speech into intervals of time during which the point y changes
insignificantly. Since a speech signal envelope has a bandwidth of about
25 cps, no significant information loss is suffered if the envelope detected
outputs of a vocoder spectrum analyzer are sampled periodically, at a
rate of 50 samples per second or higher. * Further, any parameters which

'ivriiﬁiiééﬁthr@ugh listening tests with speech synthe-

sizers utilizing periodic speech samples as inputs. Speaker fidelity is also
preserved,

#This assertion has been
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are obtained through linear operations on the speech signal envelope
may also be sampled at the same rate with essentially no lo6ss in infor-
mation. Thus, a speech signal, s(t), may be represented as a sequence
of positions in parameter space, described in vector form by

Zi,..i’ vﬁi]’ 1'._;_15 ‘Zii-.i'

where the subscript "i"" indicates the position in parameter space occupied
at the i-th sample instant. The time separation of adjacent samples, 4,
must be no greater than approximately 20 milliseconds.

As a second step toward simplification of equipment, it will be

desirable to reduce the number of possible positions which ¢an be occupied
in parameteér space by quantization of the speech parameters. However,
in quantizing parameter values, considerable care must be exercised to
avoid the creation of ambiguities in parameter space which are large with
respect to the separation of different sounds (a8 represented in parameter
space). This problem deserves as much attention as the selection of
parameters, since quantization itself is one«df the operations which defines
a parameter. '

The potential of several operations constituting parameters of the
type suggested above for distinguishing between vowel sounds is examined
in Section 3. The critical importance of proper quantization of parameter
values is8 demonstrated with one of these parameters.



-

2.3 PATTERN RECOGNITION METHODS

The selection of speech parameters which take on dlfféi'é?ﬁt
values during intervals of speech corresponding to utterances of
different sounds constitutes the first, and most importam:' étep toward
achieving an automatic transcription capability. Once a set of para=
mete‘rs has been éelected whi(:h serve to sé'pafaté speec‘h sounds in

g

o
2]

values thh language elements arises. Th1s problem cons1sts ef two
parts, First, the distribution of speech sounds in parameter space
must be ascertained; i. e., the patterns of parameter values which
arise from a speech sound (and preferably their relative ffequency of
océcurrence) must be found for all sounds in the phonetic alphabet.
Sec¢ond, a satisfactory means of partitioning parameter space into
regions corresponding to the different speech sounds must be devised.
If it can be ascertained that there exist no points (i. e., patterns) in
parameter space which ever arise from utterances of more than one
sound; then this problem is trivial. Implementation of the decision
boundaries requires only that the equivalent to a table look-up operation
be implemented.

We shall refer to these two parts of the problem of associating
points in parameter space with speech sounds as (1) finding the distri-
bution of sounds, and (2) establishing decision boundaries.

The complicating feature of-the problem of finding the distribution
of classes of events (in this case, sounds) as represented in a parameter
space, is that in most practical situations the classes are known only
through a finite set of sample events. The number of possible patterns
of parameter values usually exceeds by far the number of sample events
which can be obtained. Thus, solution of the first part of the pattern
recognition problem re q ires that some doctrine be applied to decide

whether any of the parameter patterns which have not occurred in the

‘'sample events should b garded as belonging to any of the classes, and

if so, to which classes, It must also be decided whether any of the sample
patterns arising from events belonging to one class might also ever occur
as manifestations of events belonging to another class., Since the number
of available sample events is usually small, one is faced with the necessity
for constructing some conception of the distribution of classes in para-
meter space, based on incomplete information concerning the class

association of a sparse collection of sample points. If the chosen parameters
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produce tight, widely separated clusters of points in parameter space
corresponding to the different ¢classes, then a few samples should suffice
to "learn' the distribution of classes sufficiently well to avoid incorrect
associations of points with classes. However, if the parameters do not
produce such a situation, then either many samples must be obtained to
learn the nature of the distribution of classes, or if for some reason
this is not possible, a possibly hazardous estimate of the distribution
must be made on the basis of data at hand.

Perhaps the most complete description of the distribution of
speech sounds in parameter space which one can ever hope to obtain is
the probability density functions of points in parameter space, y, cons
ditioned on each of the N speech sounds, S1’ i=12,..., N, if parameter
space consists of discrete points (as in the case when all parameter values
are quantized), then the probability density function of ¥ conditioned on
the i-th speech sound, p (v |S ), is equivalent to the probab1hty, P (v | S, ),
that the point y will occur in pa.ra.meter space when the i-th speech
sound is uttered. The fact that a restricted number of sample patterns
may be available from which the distribution of sounds in parameter space
can be inferred, has motivated the development of a variety of methods of
estimating the nature, or particular characteristics, of the functions
P.(y | Si); uging a limited amount of data.

Once some conception of the distribution of speech sounds in
parameter space is obtained, the problem of partitioning the space into
non-overlapping regions corresponding to speech sounds can be attacked.
A method of establishing decision boundaries which has come to be re-
garded as an optimum method consists of calculating the likelihood that
a given point, v, has arisen from the i-th sound, S.,, i=1,2v,..., N, and
choosing the sound for which this quantity is highest. If the a priori

probability of occurrence of a speech sound is assumed to be the same

for all sounds, then this Max1mum L1ke11hood method is equwa.lent to

w1th the j- th sound

Thus, the maximum likglihood method requires only the comparison of
values of the functions {P. (v | 8. )} , which have already been established
as goals for the desc r1pt1en of speech sounds as represented in parameter
space.
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: A d1rect approach to the problem of estimating the functions
{P (v |S ) , congists of constructing histograms over parameter space
from a la.rge number of independent samples of each of the speech sounds.
If one is able to obtain enough* samples, there appears to be no better
way to proceed. ’

Most of the pattern recognition methods which have been developed
represent attempts to exploit some a priori notions of the functions,
'{F (Wi S.) } in the estimation of certain features of these functions. For
1ns%a.ncé, 1]t may be assumed that each of these functions is unimodal, i.e.,
poésesses a single local maximum. Under this assumption the use of
multiple order linear dscriminant functions may lead to good results. This
method involves the use of hyperplanes of the form ¥; (a fy) =

Z a, v. for the decisioh boundaries; where the coefficients, ii =

4 ik 'k
k=1
(aﬂ, I IRRREIL ) can be determined in a variety of ways:. Although

several hyperplanes can be used to bound each class (speech sound) from
each of the other classes, it has rarely been suggested that any more than
a single hyperplane for each pair of classes be used since even this numbes
becomes intolerably large when the number of classes is greater than a
dozen or so. The rather great reliance which has been placed on the use
of linear discriminant functions for establishing decision boundaries in
classification problems, suggests that potent1a.1 hazards associated with
their use have not been fully appreciated. ' If any of the functions

{Pi(x ;|*Si)} are not unimodal, then a hyperplane may be completely in-

effective in partioning parameter space into regions corresponding to
different classes. Consider for instance the hypothetical distribution of
two sounds in a two-dimensionsl parameter space as depicted in Figure
3. Although these two sounds are non-overlapping and even tightly
clustered (in multiple modes) and widely separated, there exists no
straight line which can be drawn to completely separate the two classes

for each class. This method consists of correlat mg the pattern, Vo
with a single representative of the i-th class, b., and choosing the

class for which the correlation is highest, after normalization:

Another popular method cons

Q €
=g
'H

¥An attendant problem is that an im] plementable, general ¢riterion by
which the number of available sa.m_ples ca be judged "enough" or not,

has not yet emerged from the large amount of study which has been
directed to the question over the y,v._,

gzle
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Figure 3.

Hypothetical Multimodal Distribution of
Two Speech Sounds in a Two-Dimensional
Parameter Space
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Choose the j-th class if

(’,12,J ¥) (b~i x)
IEJIEI‘K’.\‘! = R N 1]

for all i. Again, a variety of methods can be applied to determine
suitable class representatives, b.. The most common choice is the

@mple mean vector of each class. ' This method provides the same
decision boundaries as would be obtained with the Maximum Likelihood
method, if all the classes have symmetric Gaussian distributions, with
equal variances in the parameter space. If the classes do not possess
such distributions, then this method may or may not produce good results.

Correlation with a stored reference constitutes an example of
the treatment of pattern recognition as a two-= step problem wherein
(1) a representative pattern is selected for each ¢lass, and(2) sample
patterns are associated with classes according to which representative
is '"closest" to the sample, where the ''distance' between iwo vectors
is defined in some way. The attributes of a variety of methods of
measuring distance have been studied extensively*, with the result
that as constraints are removed from the form to which the measure
of distance is limited, better recognition capability is achieved.

A related approach** consists of establishing nonlinear decision
boundaries in parameter space, whetre coefficients of second, third and
higher powers of parameter values (in contrast with coefficients of linear
terms) are selected as a basis for fitting complicated shapes around
regions associated with different classes. Again, a variety of criteria
can be appliedto select values br the coefficients. This approach provides
much gréé.ter potential for separating multi-modal distributions than linear °
methods, but as a general rule, more samples are also required to obtain
an accurate placement, of the nonlinear boundaries.

There are, of course, many different pattern recognition techniques
which have been developed in the past few years, some of which offer com-
putational simplicity in lieu of potential ggguracy, and vice versa. Although
the techmques'mentmned here encompass many of the metheds which have
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been developed, there are many others which either exist now or which
will no doubt come along in the future. The question of which method
would be best for recognizing speech sounds can only be answered by
either (a) obtaining a large number of samples of each sound from which

a good estimate of the functions {Pi(z | S‘i)} can be obtained, or (b)
using each method and comparing the results. In the course of this study,
we have stréssed the development of techniques by which sufficient data

can be collected to estimate the functions | P.(y |5,) 1 .

Two further points should be emphasized. First, if speech
parameters can be found which produce no overlap between speech
sounds, and if the number of different combinations of parameter values
is.small, then there is nothing to be gained in using any special pattern
recognition method such as setting up a particular type of discriminant
function. It would be sufficient to compare a speech sample with a
"reference library' of patterns and associate the sample with that sound
to which the referencé duplicate of the sample (if one exists) corresponds.
If an exact match does not occur between the speech sample and some
member of the reference library, then a variety of possibilities exist.

For instance, the sound corresponding to the last match could be assumed
to persist. Or if more than one speech sample is obtained for a sound

The implementation of such a method can be extremely simple
if the number of patterns which actually arise from speech is not un-
reagonably large. Although it has been contended* that speech sounds
produce too many manifestations in a parameter space to allow this
method to be employed, no proof of this contention has been provided.

spaces would produce wide variations, since the variation within each
speech sound as represented in parameter space is determined by the
parameters themselves, On the other hand, the fact that intelligible
speech is produced by speech synthesizers operating on parametric
representations of speéch indicates that parameters may exist which

are relatively invariant for a single speech sound, and yet produce
different values for different sounds.

*For instance in [6].
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The other point is that if more than 6ne decision is made during
an interval corresponding to a single speech sound, then it is not necessary
that a match be obtained for every speech sample, in order to use the
Exact Match method outlined above. Thus, it may be possible to reduce
the reference library to a relatively small number of patterns of parameter
values, without sacrificing the accuracy with which speech sounds ¢an be
identified. In the next section, results of a few experiments are presented
ence library can be expected to cover (i. e., match) all possible samples
of speech sounds.



3. SPEECH REPRESENTATION IN PARAMETER SPACE

As discussed in Section 2.2, it has been anticipated that positions
of local max ima in sample speech energy density spectra will provide
sufficient information to distinguish fairly well between the vowel sounds,
and will also serve as useful clues for identifying othe¥ voiced sounds.
Algo, it is highly likely that vowel sounds cannot be recognizéd adequately
if some indication of formant positions is not available. Therefore, we
have considered spectral peak patterns to constitute a minimum parameter
set for voiced sounds, The ways in which these estimates of the formant
positions and other speech parameters have been extracted in this investi-
gation are described in the first of the following two subsections. In the
second subsection, the results of an investigation to determine the distri=
bution of sounds in the resulting parameter spaces are reported for two -
combinations of parameters.

3.1 SPEECH PARAMETER EXTRACTION

Although intuitive conceptions of speech parameters can be described
in terms that are readily accepted and understood by everyone, the problem
of extracting numerical values of speech parameters in a way which-will be
deemed satisfactory by even a few people is still a difficult one to salve.

For instance, to ascertain whether a particular method of extracting, i.e.,
estimating, formant positions is satisfactory or not, it can be contended that
measurements of the vocal cavities in the speech source must be recorded
simultaneously and compared with the numerical values obtained for the
estimates of formant positions. However, as pointed out in Section 2.2, it
being measured ever be raised. If one adopts the point of view that a para-
meter can be defined precisely only in terms of  the operations actually
performed on the speech waveform to obtain parameter values, then per
force the parameter is always extracted properly. The appropriate question
then becomes: '"What are the operations to be performed on the speech wave-
form (i. e., parameters) to obtain different numerical values for the different
speech sounds?'.

To answer this question, the quantities listed in Table 3 have been
chosen as initial candidates for suitable parameters to facilitate speech

transcription. In the course of this study, methods-of extraction have been

devised and appliied for each of these quantities. The a‘p;@;i»ﬁc operations

quantities are described in the following paragraphs.
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TABLE 3 - LIST OF SPEECH PARAMETERS INVESTIGATED

Location of Peaks inh Speech Sample Energy Density L=

Spectrum (quantized inte 18 frequency channels)==
indication of formants

Ratio of outputs of high pass and bandpass filters=-=
voicing indication

Area under Speech Sample Energy Density Spectfum--
Speech Sample Signal Energy

First Moment of Speech Sample Energy Density Spectrum-=
Spectrum Mean

Second Moment of Speech Sample Energy Density Spectrum==-

with the first moment and spéctrum area, a measure of
Spectrum Spread

Input Speech Envelope Amplitude
Normalized Speech Envelope Amplitude

Sum of Magnitudes of Forward Differences of Samples of the
above parameters--speech segment boundaries

92_7 -
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The block diagram in Figure 4 indicates the major processing
steps involved in the approach being taken to speech transcription in this
study. These are extraction and periodic sampling of §peech parameters
such as listed in Table 3, further operation on and quantization of these
samples, and association of patterns of the resulting quantized parameters
with phonetic elements.

3.1 Descr1‘t1on of E¢ u1"ment

To obtain dita as well as demonstrate the feasibility of this approach -
to speech transcription, laboratory equipment has been constructed in the
Communication Sciences Laboratory fof use on this and other speech pro=
cessing projects: The configuration of this equipment for the parametetrs
listed in Table 3 is shown in Figure 5. The three functions performed are
(1) speech signal conditioning, (2) parameter extraction, and (3) data format
conversion.

For signal conditioning, the first operation performed on a speech
signal is pre-emphasis of the high frequencies. The pre-emphasis network
serves to accentuate the relatively weak higher formants of voiced speech
signals, and the sometimes extremely low-level unvoiced speech sounds.
Although several adjustments of the pre-emphasis network were made
during the course of this study, its final characteristic consists of approx-
imately 6 db gain per octave above ont kcps: The envelope detected out-
put of this network, E, was studied as a possible candidate for a normalizing
parameter for others.

After pre-emphasis, the speech signal is next passed through an
AGC network. This network constrains the output to less than 6 db vari-
ation for a 20db range in the input signal level. The envelope detected
output of this network, E , was also studied as a possible normalizing

factor for other parameters,

After AGC, the signal is passed to an 18-channel parallel filter
bank. The characteristics of these filters are indicated in Figure 6.

In the current e_,pe imental setup, the 18-channel filter bank output,
denoted { = (f eoy f 8), s fed to five parameter extractors: the peak

picker, the zero %h. first"’,nd second moment calculators, and the speech

9289
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segment boundary indicator. The peak picker is a unit designed to locate
and identify those channels in which the energy density spectrum of the past
few milliseconds of speech possesses a local maximum. This unit operates
as indicated in Figure 7. The envelope detected output, %, of the n-th

filter (channel) is fed to two adjacent comparators (C), oneé of which is pre=
ceded by a circuit (¢%) which passes the greatest of two inputs. One of these
two mputs 8 X, and the other mput isa constant, K The ¢» c1rcu1ts serve
greater than the a.dJustable threshold K If both éomparators produce output
1nd1ca.t1ng that the quant1ty X is hrger tha.n X - and xX_ _;' then a pea.k 1s m-

ga.te correspondmg to the n-th cha.nnel

In view of their central role in the identification of voiced sounds,
it is of interest to note the degree to which the peak patterns (as obtained
with Litton's 18 c¢hannel vocoder and peak picking unit) correspond to other
methods of extracting indications of formant positions. Although a thorough
investigation has not been undertaken as yet, a few comparisons with a
¢onventional method of extracting formant position estimates by hand show
that the peak picking method produces quite similar results. Specifically,
a method of mea surmg (1 é., est1 atmg) formant pos1t1ons wh1ch ha.s been

pea.ks as observed in spectrograms Th1s method can be compared w1th
the automatic peak picking method by simply quantizing the tra.cmgs into
the same 18 frequency channels employed in the peak picker, using the
same speech sample for each method.

The result of such a comparison is shown in Figure 8 for the word
"ONE", Although there are differences in the two estimates of formant
positions, it is not clear which of these methods provides a more accurate
indication In order to assese-ac':(:uratel'y' the qualit‘y of either method it
as weu as deta;l_ed recordmgs ot.' the speech souroe states (mouth openmg,
tongue position, etc.) during the utterance. It can be concluded from an
exa.‘mmatlon of several such compansons between the two methods of esti=

formant 1nd1cat10ns whmh resemble very closely those obtamed by ha.nd

The moment extractors implement the calculation of zero-th,
first and second moments of the speegh energy density spectrum. In
terms of the filter bank outputs, f (f freees f g): these parameters

can be written

=32~
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Approximations to these quantities have been obtained through the use of
registive adders. Actually, because of the relatively low skirt selectivity
of the filters in the spectrum analyzer, the we1ght1ngs employed in the
equipment have been changed slightly (from k) to compensate for the
overlap between channels. The adjustment was made to produce an
appropriate output of each moment extractor for a sinewave input. The :
resulting MQ extractor produces an essentially constant output as a con=
stant amplitude sinewave input is tuned over the 18 channels; and the M1

and M2 extractors produce outputs as indicated in Figure 9.

The segment boundary indicator, AS, is designed to detect changes,
in speech signals which correspond to transitions between speech sounds.
The current method under study consists of adding the magnitudes of the
derivatives of envelopes of the filter bank outputs:

df
as = 2 &
k=1

crea.ted by thresholdmg AS do prov1de a reasonahle correspondence between
speech segments and utterances of phonetic language elements. This seg-
mentation is illustrated in Table 4 for the words "Two Three". The speech
segments indicated in this Table have been obtained by quantizing AS into

8 levels, and regardzng the occurrence of the second or higher levels as
transitions.

Two more parameters, a voicing indication (V) and pitch (F) are
available in the current experimental equipment, but were not used in this
study since most of the data obtained was for voiced sounds, and pitch
provides little adlitional speech information.
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As indicated in Figure 5 (and discussed in Section 3. 1.2 below)
each extracted parameter is quantized to6 permit its representation as a
binary number in a data format conversion unit. A digital ¢ommutation
converts the binary numbers resulting for all parameters into & sequence
of 5-bit samples suitable for direct insertion into the Recomp II computer.
The pattern of parameter values resulting from a single speech sample is
fed into one computer word location (capacity 40 bits). For convenience,
the sampling interval, A, has been chosen equal to the time it takes to
complete one complete drum revolution in the computer, thus producing
60 speech samples per second. Since the computer has a capacity of
4000 words, up to approximately a minute of continuous speech can be
processed at one time.

The signals produced at any point in the block diagram in Figure 5
are available for display. For iristance; the (sampled) output of the peak
picking unit can be displayed on an oscilloscope as an intensity modulated
sawtooth waveform with 60 sweeps per second. This display can be re-
corded to produce a representation of a segment of speech as a sequence
of "instantaneous' spectra. As illustrated in Figure 10, an easily inter-
preted segment of one second of speech is economically, permanently and
conveniently stored inh a single 3' by 4" print. In this recording, a spectrum
peak in a given channel is indicated by a white mark in that channel. Three
channels are represented between each adjacent pair of horizontal grid lines
in the photograph. Another parameter, the voicing indication, has been re-
corded in this photograph in the two positions above the top grid line in the
photograph. Until the data format conversion equipment became available
toward the end of this project, photographs of this type were used to obtain
data for the parameter space formed by spectral peaks and the voicing
indication. Before the peak picker itself was constructed, the program
outlined in Appendix I was used to simulate its operation on the Recomp Il
computer. Quantized sequences of sample spectra were obtained as inputs
to this program through the courtesy of Mr, C. P. Smith of the AFCRL
Communications Laboratory.
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3,1.2 Parameter Quantization

As remarked in Section 2.2, quantization of parameter values
consitutes an integral part of the way in which a parameter is defined.
Unfortunately, however; time and equipment limitations have prevented
a thorough study of the effects of several different quantizations which
would be reasonable for the parameters studied. Specifically, the way
in which each parameter has been quantized for experiments reported
for this study is indicated in Table 5. The extractor for each of the para=
meters E, E , M, and M, was designed to produce outputs between 0 and
6 volts, and the eight quaﬁ%izing levels were set at 0. 75 volt intervals, 8o
that a linear quantization of these five parameters was obtained. While
this representation is quite reasonable for E, E , M_; and M., it is not
satisfactory for M.. Significantly better resolufion would be obtainec
this latter Pafafﬁvé%éf with logarithmic spacing of quantizing levels (as
indicated in Figure 9). However, since only onée A/D converter was
available in time for use on this project, a compromisée was made in
favor of the linear spacing. The effects of different quantization of the
spectrum moments are discussed in Section 5 in the light of experimental
results reported in the remainder of this section.

'ABLE 5. SPEECH PARAMETER QUANTIZATION

Maximum Number of Different
- Parameter Values

Parameter

Symbol

Description

H i

Spectral peak pattern = 2
Voicing indication 2
Input speech amplitude 8
Normalized speech amplitude 8
Spectrum area “ 8
Spect rum First Moment 8
Spectrum Second Moment 8

REZEME<
W W W = W

N = O



3.2 DISTRIBUTION OF SPEECH SOUNDS IN PARAMETER SPACE

To ascertain the distribution of speech sounds in the parameter
spaces created by combinations of the parameters listed in Table 3,
data has been collected from three speakers using the equipment des=
¢ribed in the preceding section. Results are reported here for the
eleven vowel sounds listed in Table 1. To obtain a representative set
of speech samples of these sounds, the following procedure has been followed
for each speaker.

The speaker was asked to read a word list consisting of eleven
words. Each word on the list was chosen 8o that one of the eleven vowel
sounds would be spoken during the utterance of the word, if the word were
pronounced "properly". To obtain a reasonably large number of independent
gamples of sounds within a varying environment, each speaker was pre=
sented with 3 different word lists, at 5 different times; within an interval of
gseveral days. The three word lists are contained in Table 6. This pro-
cedure produced a magnetic tape recording of 15 utterances of each of the
11 vowel sounds by each of the three speakers =- 495 utterances in all,

The next step consisted of playing back the recorded word lists
into the speech processing equipment. This resulted in a sequence of
sample patterns of parameter values representing the speech, stored in
the Recomp computer. This sequence of patterns was then typed out, and
the intervals corresponding to the vowel sounds identified. A human observer
made the identification Whilé listeﬁiﬁg to the‘ original speech recording,

a) Use only those patterns which occur within intervals of
speech comprising readily identifiable sounds.

b) Use primarily those patterns which either persist over
several samples or which change slowly over an interval of
unchanging sound.

The typed representation of this sequence of pat
assignment of patterns to a sound are illustrated in T bl

e 7
word '"Neck", and the interval associated with the sound EH (). Inter-

pretations of the binary representation of the param ete rs are given in
Table 8. All parameters have been represented in binary form for con-

venience only -- octal and decimal representations are  also available
with the Recomp computer.
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Speech Parameter Pattern

Time
Sample ., _ . e o= s
No. \'4 13 M 0 M1 M2 E E 0

1 1 010 000 000 000 100 000 101 010 001 00l 011
1 010 000 060 000 100 000 110 001 000 OlF 110
1 010 000 000 100 100 000 10t 016 001 011 100
010 000 000 100 010 000 111 100 010 011 100
1 001 000 000 010 010 000 111 101 o011 Ol 100

I 100 100 000 Olo 010 000 111 101 Ol 011 100
1 000 100 000 100 010 106 111 100 011 100 100
000 100 000 100 100 100 111 101 o0ll 101 100
1 000 100 0O 000 100 100 111 101 011 100 o011

[0, Y U N
fa-—

- © O ™ -2 O
[

1 1 001 000 000 001 000 000 100 010 010 001 001

1 1 001 000 000 000 000 000 001 000 000 000 00l

12 1 001 000 000 000 100 000 010 001 000 000 001

13 1 001 000 000 000 000 000 001 000 000 000 000

14 1 001 000 000 000 000 000 001 000 000 000 000

15 1 001 000 000 000 000 000 001 000 000 000 000

16 0

17 0

18 0

19 0 (SILENCE)

20 0

21 0

22 0 001 000 000 000 000 000 000 000 000 000 Oll

23 0 001 000 000 001 000 010 110 106 0l1 000 00l

24 0 001 000 000 000 100 001 010 010 010 000 001
0

000 000 000 000 100 000 001 000 001 000 000

Table 7, Representation of the Word ""NECK'' in Parameter Space

P e
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The remaining step in the processing of speech datd to obtain
an estimate of the distribution of sounds in parameter space, consists

of listing each different pattern selected by the above procedure, along

with the number of times the pattern occurred within each sound. From
such a histogram the regions in parameter space corresponding to each
sound, and the overlap between these regions can be ascertained.

3.2.1 Parameter Space Usage

The number of sample patterns processed to obtain a picture
of the distribution of vowel sounds, and the number of different patterns
which arose from each sound individually, and from all vowel sounds,

‘are given in Table 9. As indicated in this table, most of the data

processing has been performed for the two parameter spaces formed
by (1) considering the location of spectral peaks alone, and (2) consis=
dering spectral peaks and the first three spectrum moments: My,
M; and M. These two spaces will be called ''peak space' and "peak-
moment gpace', respectively. Since 60 speech samples are extracted
each second, we see from this table that a total of approximately 28, 23,
and 27 seconds of spoken vowel sounds were processed to obtain the
data for the three speakers. Thus, an average of approximately 2.5
seconds of each sound was obtained for each speaker. Since each sound
was uttered 15 times by each speaker, an average of approximately 10
sample patterns were obtained from each utterance of a vowel sound.
Perhaps the first question which arises in considering such a

collection of data is whether enough samples have been obtained to
warrant acceptance of the distribution of sounds in parameter space

provided by the samples, as an'accurate estimate of the distribution which

would be observed if an unrestricted number of speech samples were
processed. In an attempt to obtain at least a partial answer to this
question it has been conjectured that the number of different speech
parameter patternsg, N_, which occur within an interval of speech, T,
tends to vary ag»gording to a parametric space usage curve:

-na A]

N =N [l-e
P o

, ; 9]
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where No is some number which is less than or equal to the tatal number
of patterns which can possibly occur, @ is a constant reflecting the rate

at which the number of different patterns encountered grows as the length
of speech observation intérval is increased, A is the sampling interval,
and n is the number of samples obtained in the interval, T. The quantities
No and & are determined by the parameter space and the speech source.

A thorough exploration of the parameter space usage curve for
the spaces formed by the speech parameters considered during this
study has not been possible. However, based on a few points obtained
for a single speaker, the two values N = 400 a'nd a = ;05 provide a
reasonably good fit for the generation of spectral patterns alone, i.e.,
for the parameter space formed by positions of spectral peaks. Since
the total number of spectral geak patterns which can ever occur has been
“““ , it appears that not much more than five per=
cent of the pomts in thlB parafﬁetér space would ever be used by vowel sounds,
n6 matter how long an interval of épéech is considered. A further in-
dication provided by No 400 and @ = .05 is that at least 75 percent of all
sample patterns produced by vowel sounds would bée matched by the 308
peak patterns generated by the 1677 samples takén from speaker number

one (Table 9).

Although great reliance should not be placed on the parameter
space usage curve until further study is performed, it is encouraging
to note that 81 percent of the test samples processed for speaker number
oné in the transcription experiments (described in Section 4) matched one
of the 308 patterns generated by the vowel sound data - - a di screpancy

of six percent between observed and predicted relative frequency of matching.

In the interest of avoiding undue bulk, the complete histogram for
each sound has not b n included in this report. Rather, a few salient
characteristics of the sound distributions are described. However, as
an indication of the type of distribution obtained, the complete distri-
bution of a single sound for a single speaker has been induded in Table

- 10 for peak space, i.e., the parameter space formed by spectral peaks

alone.
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The high frequency of occurrence of some patterns within a
sound suggests that a large percentage of all speech samples might
correspond to a very small number of patterns of parameter values.
As an indication of both the région in parameter space occupied by
the vowel sounds; and the degree to which speech may be represented
by a small number of patterns, the ten most frequently occurring
patterns have been listed in Appendix Il for each of the vowel sounds,
in peak space and peak-moment space for speaker number one. The
coverage of all samples obtained from the vowel data provided by
speakers.

As a final indication of parameter space usage, the distri-
bution of speech sample spectfa with respect to the number of spectral
peaks is shown in Figure 11. The graphs in this figure indicate that the
majority of speech samples (of vowel sounds) produce spectra with
three or four peaks. Further, the relative frequeéncy of occurrence of
a given number .of peaks appears to be approximately the same for the
three speakers.

In the course of this study, some thought has been directed to
the question of whether the parameter space usage can be reduced (without
increasing overlap between speech sounds) by some sort of "warping"
performed after patterns of parameéter valués are obtained. One teéhniQue
for attempting to accomplish this reduction has been investigated for
peak space. Specifically, it has been conjectured that the most important
characteristic of formant positions consists of the ratio of the second and
higher formant frequencies to the first formant frequency. If this is the
case, and if the vocoder filters are logarithmically spaced, then allowable
variations in formant positions representing a given speech sound would
consist of ''rigid" shifts of the peak-picked spectra. To test this idea, a
program has been written which maps peak-picked spectra into a subset
as determined in the following way. The first sample occurring in a
speech recording is installed as the initial member of an "intermediate
reference library'’. Each successive new spectrum arising in the speech

recording is compared with each of the spectra in this library. If a new
spectrum meets a criterion of ''closeness" to any one of the members of
the library, then the new spectrum is associated with that reference library
member. If the criterion is not met for any of the library members,

then the new spectrum is installed as a new member of the library, " A
criterion of closeness based on the notion that slight, rigid shifts in
formant positions are allowable, has been tested using the Recomp II
computer, A description of the program is given in Appendix IIl These
tests indicate that while the number of different library members tends to

level off at a few hundred as speech samples are processed, more work
must be done to relate the criterion of closeness to the speech sounds
themselves,

-49 -
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3.2.2 Overlap Between Speech Sounds in Parameter Space

As discussed in Section 2. 3, it is desired that a parameter space
be constructed in such a way that any given pattern of parameter values
always arises from the same sound. If this goal is achieved, then
pararﬁetér space ’fr’ié.y be partitiOned into noﬁ-verlappiﬁg i‘égiéﬁé With

as is the case w1th .any other pattern recogmnon problems exh1b1t1ng
wide variations in :anifestation of the classes involved, co ete absence
of overlap between speech sounds (or any other language-elements) will
very likely never be attained with any parameter space.

The degree to which a given set of parameters ¢an be expected
to provide adequate separation of speech sounds can be estimated in
geveral ways. One of the more informative ways would be to calculate
the probability that any given speech sound will be designated as one of
the other speech sounds, when parameter space is partitioned in a way
which tends to minimize this quantity. As discussed in Section 2. 3, many
methods exist by which such a partitioning can be approximated. If estimates
of the probabidities {P (L |S )} are available then the maximurn likelihood
meéthod of partitioning can be apphed with these est1mates. We have applied
this method of partitioning parametér space, using the histograms for
each sound as estimates ef {P (x. | S )} Lettmg vkdenote the k th
aounds (l1m1ted to vowels for the data reported here), the probabxhty
that a single sample of speéch corresponding to the i-th speech sound will
be associated with the j=th speech sound, a; ijj» can be written (for i # j)

= the number of occurrences of the pattern y, within

T o Y

intervals of speech corresponding to the i- th speech sound,

£
5
®
iy
o
w
"

B.. B, .
(k) n. n.
7- . = < 1_ J

. 0 otherwise
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an

g

-

n, = the number of samples arising from the i=th speech sound

and

fi = Z = the total number of available speech samples.

i=1

Using the data collected for the eleven vowel sounds, the {a .} matrices
are given in Tables 12; 13, and 14 for three speakers, and 18r peak
gpace and peak=moment spacé, The diagonal elements in thésé matrices,
@;;, indieate the estimated probability of correct classification. In

some cases, the most likely confusions occur between speech sounds
which are often interchanged by speakérs. Many people; for instance;
use A instead of EH for the first vowel sound in the word "HELLO".

The result of interchanging these sounds would be a speech transcription
with a distorted accent. For non vowel sounds, of course, interchanges
can produce more detrimental results. ‘

samples may be questmned when cons1der1ng such overlap matnces.
Although such devices as the parameter space usage curve introduced
earlier may be employed in an attempt to answer this question, time has

not allowed for this type of study during this project.

The pairwise overlaps indicated by the {a@j;} matrices, do not
show the extent to which more than two speech sounds ever give rise
to the same pattern of parameter values. The number of different
patterns with p spectral peaks which ever occur within intervals of

speech corresponding to k sounds is indicated in Table 15 for each of

three speakers and for peak space. The entries in this table, coupled

with the {a; J} matrices suggest that although approximately 30 percent
of the different patterns in peak space occur, at different times, within

intervals of speech corresponding to different sounds, most occurrences

of these patterns are associated with a single sound.

As a final indication of the degree to which the vowel sounds pro-

duce different patterns in peak space, we have constructed bar graphs,
called spectral profiles, which show the percentage of sample patterns
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Table 12, Estimated Relative Frequency of Correct and Misclassification
of Vowel Sounds for Speaker Number One, and Two Parameter
Spaces.
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observed for a given speech sound, which possessed a peak in the k=th
channel, k 2 1,2,..., 18, These profiles for the vowel sounds and the
three speakers are shown in Figures 12, 13, and 14. Although infor=
mation concerning combinations of peaks is not contained in these graphs,
in some cases the locations of formants can be inferred. In the sound
EE, for instance, the sum of samples containing a peak in either channels
1 or 2 accounts for essentially all samples; this is true for all three
spé‘ake‘rs This verifies the well=known fact that EE produces a first

formant in the frequency range 200 = 400 cps.

One is easily tempted to draw conclusions from the spectral pro=
files other than simply the approximate locations of formants as indicated
by the peak picker. Inthe sound EE, for instance, the relative frequency
of occurrence of a peak in the first channel may be used as an estimate
of the likelihood that an utterance of this sound will produce a peak in
that channel. Also, interpolation using the channel weightings indicated
in the spectral profiles might be expected to provide a more accurate
estimate of the formant locations for a given speaker. Further, in some
cases (for instance the second formant in the sound OO0), the sum of all
weightings in a short frequency interval spanning n6 more than two of
three channels, and surrounded by channels with all=zero weightings,
may provide an indication of formant strength

me the data obtained on vowel sOunds, it can be concluded that
separatmn of all vowel sounds except those sounds whu;h_ are perhapg
the most difficult for a human to distinguish between. In pe_a,kemom‘ent

space, further, but not complete, separationis achieved. It is very
likely that the reason for incomplete separation of vowel sounds in peak-
moment space is due solely to the way in which the parameters Ml and
M, have been quantized. If these parameters are quantized properly
(as indicated in Figure 9), then essentially complete separation of
vowel sounds is expected, and further, the peak-moment paramet T
space usage could very easily be less than that reported in Section 3,2, 1
above.
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4, SPEECH TRANSCRIPTION AND WOR ECOGNITION TECHNIQUES

In this section, techniques f6r completing the final transféormation,
i e frorn parameter space to the space éeﬁsistiﬁg ()f laﬁguage elements, are

is a speech "sound", as descnbed i Sect1on r 1 In add1t1on to methods of
transforming patterns of parameter values into these speech sounds, tech-
niques for recognizing spoken wofds ag sequences of speech sounds are dis-
cussed. Illustrative examples of transcription quality obtainable with the
simplest of these methods using a minimal parameter space (spectral peaks

alone) are included at the end of this section.

4.1  SPEECH TRANSCRIPTION METHODS

It has been suggested in Section 2. 3 that of all the different ways
that sample patterns of parameter values could be associated with language
elements; the maximum likélihoad method (using histograms as estimates
of probability distributions) seems to offer the greatest potential for good
performance, if the number of speech samples used in constructing the
histograms is large enough. Assuming that enough samples can be obtained

.(as is possible with the equipment descrihed in Section 3.1), it might be
concluded that only one step remains to complete the process of automa tic
tfanseription. Th1s consxsts of 1mp1ement1ng the ta.ble look-up operatxon

pondmg to d;.fferent speech sounds If esgentlally no overlap occurs in pa:a.-
meter spa.ee between speech sounds, this conclusion is cérrect To produce

lebeled pattems (called a "_rete;-enc;e hbrery“). and type t.he 1abel corres-
ponding to the reference pattern which is matched by the sample. Since
most speech sounds (as defined on this project) span several speech samples,
the occasional occurrence of ne match between a single incoming samp‘le—
pattern andany of the reference patterns will produce no significant loss of

information. One way of ha ,nc;llmg no-match decisions is to produce a standard

symbol, say "Y", indicating this fact; another option is to print out nothing -
for the no-match dec1s1,ws, An idealized transcription of the word "THREE",
using the latter option with the rudimentary exact match method applied to

each speech sample, would be:

TH TH UR UR UR UR EE EE EE EE EE EE EE EE EE



In producing this transcription consisting of 15 sound symbols, perhaps 25
speech samples might have been processed, with 10 no-match decisions
tained of the time intervals spanned by speech sounds (conceivably to
identify the speaker by recreating an accent); it is anticipated that the most

compact presentation would be desired for most applications. This can be

a sound symbol only if it is different from the preceding symbol. This mod-
ification produces "TH UR EE" for the above example. As with no-match
decisions, any one of several methods can be employed to indicate samples

the duration of such intervals.

If overlap exists between speech sounds in parameter space (i.e., if
it is likely that a sizeable percentage of speech samples will be misclassified),
then the rudimentary exact match method will produce a distorted transcription.
Two avenues exist by which such a situation could be improved: (1) additional
parameters can beé extracted from speech signals, and (2) the way in which
decisions are reached can be changed. The first approach is straightforward.
Augmentation of peak-space with spectral moments, for instance, produces
less overlap between vowel sounds, as indicated in the tables at the end of
Section 3. As soon as enough parameters are available to produce separated
speech sounds in parameter space, then the exact match transcription method
may be eniployedas described above.

If it happens that not enough parameters can be used to achieve
separation of speech sounds (without exceeding storage limitations, for in-
stance), then the method of associating patterns of parameter values with
speech sounds can be changed. The reason why there exists room for im-
provement over the single sample exact match method based on maximum °
likelihood is simply that sometimes several speech samples are taken within
the intervals of speech corresponding to utterances of single speech sounds.

It is therefore not necessary to render a decision for each speech sample.
If some method is devised for segmenting speech into intervals corresponding
to utterances of speech sounds, then all of the speech samples taken within

each interval could be combined to produce a more reliable decision,

In any pursuit of this course for improving speech transcription
quality, several methods of combining speech samples deserve investigation,
Perhaps the most straightforward method consists of observing the sequence

of sounds occurring in an interval (as determined by the rudimentary exact

£
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match method of labeling each speech sample), and agsociating the speech segment
with that sound which has occurred most frequently in the segment. This "plurality
rule" method would require a relatively simple augmentation of the equipment re-
quired for the rudimentary exact match method alone. Another technique consists
of selecting one of the samples occurring within the speech segment as a repre-
sentative for that segment, and choosing the sound to which the representative is
agsociated, with the maximum likelihood method applied to single samples. Two
way's te select such a fepfeseﬁtative are (a) the Ségrﬁéﬁt midpeiﬁt. aﬁd ('b) t'h‘

When only one decision is to be rendered for each speech segment, it is
also possible to combine the sequence of speech samples spanned by the segment
to produce a single, derived parameter value which would represent the combin-
ation. This kind of operation would produce what might be called a derived para-
meter space consisting of a small number of dimensions. As an iilustratién of
this approach consider the sequence of s spectral peak patterns, p. = (p.,

P;5 ), i=1, 2,..., 8, corresponding to a glven speech segmlent. These
samples may]be combined to produce a smgle pattern, u = (ul, u2 PR uls),
according to the formula:

8

1 .

1 = == D =1 e ey d.

uj 8 Z pijs J ? ,2: 18
i=l

The quantity u, reflects the percentage of speech samples (with the given segment)
which have a p’ea.k in the j=th frequency channel. If a sound produces mostly re-
petitions of the same peak pattern within a speech segment, then u will be essen-
t1ally 1dent1ca1 w1th th1s peak pattern If on the other hand a speech sound is

u w111 conmst of some components Wthh are less tha.n one, but greater than
zero. The amount and nature of the change in peak positions within the speech
segment will be reflected by the shape of the pattern, u.

xist many methods of asso ‘a.,tL g the resulting pattern u,

For any given method of comhining speech samples with a speech
segment, h_ re ex

with speech sounds. As with individual speech samples, the method of
maximum like 1 ihood using histograms as estimates of the distribution of
speech sounds in the derived parameter space, would probably provide the
most accurate association. However, it is quite possible that the large

A nmuly: —— —) po— B | U p— -




number of different patterns of derived parameter values which ean result
from utterances of speech sounds will preclude the collection of enough
samples of speech to warrant the use of this method. It is likely; therefore,
that one of the other methoeds described in Section 2. 3 would have to be relied
upon. With the method of combining peak patterns described above, for in-
stance, the spectral profiles (Figures 12, 13; and 14) ¢an be regarded as
representatives of the speech sounds, and correlation between u and a given
spectral profile would provide an indication of "closeness' between the speech
segment and the sound corresponding to the profile. The segment would be
associated with the speech sound whose corresponding spectral profile pro-
duces the highest correlation with u.

In order to implement any of these methods for combining several
speech samples, a method of segmenting speech must be devised From the
little study of the parameter AS (Table 3) which could be condicted after its
extraction was automatized toward the end of this project, it appears that
speech signals can be partitioned into time intervals roughly corresponding
to speech sounds by thresholding this quantity. As illustrated in Table 4,
transitions between speech sounds can also be identified.

iefore the éfficacy of this or any other speech scgmentation r‘réthéd
the more prorn1s1ng methocls of combmmg speech samples T1me did not
allow for such experimentation during this project. However, the exact match
transcription method was programmed for simulation on the Recomp II com-
puter, and several tests have been conducted. As described above, the rudi-
mentary exact match method produces either a single phonetic symbol, or no
symbol if a sample does not match any of the patterns stored in the reference
library. Although tests were conducted for both peak space and peak-moment
space, the number of no-match decisions obtained for the latter space pre-
cluded extensive study. The reasons for the large number of no-match
decisions with the spectral moment parameters are twofold., First, instead

of normalizing M1 and M, with respect to Mo’ all three quantities were ex-~
tracted and quantized sepa rately. The quantization of Mg thus produced
considerable unnecessary variation in the measure of ‘s'pectral spread, 0.
Perhaps even more detrimental to proper extraction of moments, MZ was
quantized linearly, rather than logarithmically, thus producing high resolution

for unvoiced spectra, but very coarse resolution for voiced spectra. Both of
these problems were foreseen (and are easily remedied through the addition of
modified analogue-lo-digital converters in the experimental speech processing

equipment), but could not be avoided within the time span of this project. The
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transcriptions have therefore been conducted primarily for peak space only.

For this parameter space, the random arrangement of érro¥s in transcriptions

using this method (with reference libraries constructed from data described
in Section 3%), produced relatively long sequences of symbols. Although the

correct speech sounds were represented more frequently than incorrect sounds,

considerably study is required to make the identification. However, obser-
vation of the general persistance of the correct sounds over several samples

suggested another option for "smoothing"” the sequence of sounds, and combining

several samples to produce a reduced number of symbols. Instead of typing
out a single symbol for the most likely speech sound, if the two or three most
likely sounds associated with each speech sample are selected ag.tentative
candidates,and ambiguities are resolved in favor of scunds which persist as
candidates over the largest number of samples, then fairly readable trans-
criptions are obtained. Specifically, the following procedure for processing
rudimentary exact match transcriptions (with up to thfee candidates for each
speech sample) has been followed:

(1) Print out a sound symbol only if the same sound is recognized
on two successive samplea.

(2) Repeat a sound symbol for every successiveadjacent pair of

occurrences of the sound.

(3) Ambiguities are resolved in favor of ‘the sound which.either
(a) has occurred on the previous sample,. or (b) péersists the
longest without interruption.

(4) Symbols fot unvoiced sounds are inserted properly.

Examples of the resulting.transcriptions obtained with this exact

match and smoothing method** are shown in Tables 16, 17, and 18, for three

different speakere The rudimentary transcriptions were performed on the.
Recomp computer, and the smoothmg operations were completed by hand.

*For peak SQang .as indicated in Table 9, the libraries consisted of 308
.patterns for Speaker Number One, 343 patterns for Speaker Number Two,
and 185 patterns f Speaker Number Three.

**From utterances of a test word list (Table 19).
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T ABLE 16.

STANDARD TRANSC I

Z EE UR O
00 O AHN
T U 00 00 00

PLUHUHS
MAHEHNUS
TAHEHIMS
PURINT
EEKOOULS
PAWINT
STAHUR T

Notes: {1} Interpolated Sounds are Unde
(2) AH/EH indicates 'either AH

9‘679

EXACT MATCH TRANSCRTP ON OF TEST WORD LIST FOR

AUTOMATIC TRANSCRIPTION

ZUIUROAHAHO
00 00 U U/0 U/0

FOOOOOAWUR/O
F UHUH UHUHUHUH UHOO V
SIIKS
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TABLE 17, EXACT MATCH TRANSCRIPTION OF TEST WORD LIST FOR
SPEAKER NUMBER TWO (PEAK<SPACE)
STANDARD TRANSCRIPTION

AUTOMATIC TRANSCRIPTION

ZEE UR O ZEEUUUUU
00 O AH N UR UR AH N
T U 00 00 00
TH UR UR EE EE EE

!
<
(@]
O
O
(@]
O |l
Ox
O
(@]
Q
(®]
(@]
O

O b

cv

NAHEHIN
PL UHUHS

MAHEHNUS
TAHEHIMS
PURINT

EEKOOULS EE
ST AH UH P ST
PAWINT P
STAHURT ST
AAWLFU AH A
BEHEETU B I/UR

oz = e le o e de
—_ =
el
=

P LAHAHUH S
M AH/UHNEH IS
AEHEHMQ
PIINT
EEKUUUUULS

o b g |1

t‘jx

Z EE EE EE EE EE EE EE EE EE

Notes: (1) Interpolated Sounds are Underlined.
(2) AH/EH indicates "either AH or EH".
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TABLE 18, EXACT MATCH TRANSCRIPTION OF TEST WORD LIST FOR
SPEAKER NUMBER THREE (PEAK-SPACE)

STANDARD TRANSCRIPTION AUTOMATIC TRANSCRIPTION
ZEEURO ZEHURUR URURO

00 O AHN OO0 EH AW AW A/EH/I N

T U 00 00 00 T EE OO

TH UR UR EE EE EE THU U U U EE EE EE EE EE
FOOOUR F O/AW O/AW O/AW O/AW AW AW
FAHAEHV FAWAWAWAAAAEHEHYV
SIIKS SIITKS

SEHVUN __S_AAVEHEHEHN

EHEET EH/ 1/UR EH/I/UR EEEE T
NAHEHIN NEH AW AW AW AW EH/L/UR N
PLUHUHS PLAWAWAWAWS
MAHEHNUS MAAAEHEHNEHS
TAHEHIMS T AWAWAWAWEHEHEHMS
PURINT PURIINT

EEKOOULS EEEEEEKOOOOLS
STAHUHP $ T AH/AW AH/AW AH/AW P
PAWINT PAW/EHAW/EHUR URNT
STAHURT STEHEHAAAAT
AAWLFU A/EH A/EH AH/AW A/AW L F AW o/u
BEHEETU B EH/I EH/I/UREETEHAA
EH EH KS EHE HEH/I/URKS

OO AHAEHI OO0 AH A WAWAAWII
URIPEEEET EEEEPEEEEEET

TH UR 00 00 00 TH U U 00 00

Notes: (1) Interpolated Sounds are Underlined.
(2) AH/EH indicates "either AH or EH".
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The entire procedure can be instrumented quite easily.

Also. shown in Tables 16,17, and 18 is a "standard'' transcription of
the test word list obtained by a human transcriber after listenihg to several
utterances of the words. It is clear that many different transcriptions would
be equally acceptable and certainly possible as a result of variations in
aceent, as well ag variations in interpretation by observers.

The sometimes perfect transcriptions obtained with this simple
exact match transcription method, and using only peak patterns as the
extracted parameters, suggests strongly that the addition of parameters
teflecting spectral shape would produce highly readable transcriptions of
all vowel sounds, and most voiced sounds.

4.2 WORD RECOGNITION METHODS

Although automatic transcription of speech into sequences of
phonetic elements does not necessarily involve words as language elements
at all, the possibility of using a speech transcriber for voice control of
machines suggests that word recognition tests may afford a reasonable
method of evaluating speech transcription methods. Although word recog=
nition tests inherently involve not only the transcription methods, but the
word recognition methods as well, we have adopted this method--as was
suggested by the procuring agency.

To maximize the probability of correctly recognizing spoken words,
it is probably true that decisions on the presence or absence of words should
be based on intervals of observed speech which span the longest word in the
given vocabulary., Furthermore, to maximize the information obtainable
from an interval of observed speech for the purpose of deciding which (if
any)of a given list of words has been spoken, no intermediate decisions
shouid be made. From both of these standpoints, the recognition of phonetic
elements as a preliminary to word recognition tends to degrade slightly the
potential for a_.éhi,evix;g accurate word recognition for a given vocabularly.
However, as pointed out previously, any attempt to utilize words as the
basic language elements for transforming speech into readable text creates
intolerable restrictions on the allowable speech which can be transformed,
involves basic difficulties in changing vocabulary, and requires that initial
decisions be rendered between a far larger number of alternatives=--thus
increasing equipment complexity significantly. Therefore, we must be
content with achieving whatever performance is attainable through the use
of sequences of sounds as the starting point for word recognition.

-70-
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Two approaches have been considered for processing sequences of
gounds to recognize words. With the first approach, a number is assigned
to each sound in such a way that sequences of sounds corresponding to dif=
ferent words should be maximally differentiable from each other by the
decision rule with which words are to be recognized. If, for instance, the
word recognition method consists of correlating sequences of sounds with
gtored sequences, each of which represents a sound, then such a numerical
assignment of numbers to sounds can havé a relatively simple solutien.
Specifically, if all of the words to be recognized are so different as to pro-
duce uncorrelated sequences of sounds (if transcribed perfectly), then numbers
should be assigned to sounds 8o that the variance of humbers corresponding to
first ds of all words in the vocabulary is maximized. Similarly, the

variance of numbers associated with subsequent sounds in a perfect trans=
c¢ription should also be maximized.

The secondapproach to the assignment of nurnerical values to sounds
is based on engineering considerations aimed at making the electronic imple-
mentation of word recognition particularly simple. Assume that sounds
occurring in a specific word are assigned numerical values in agreement
with the ¢hronological sequence in which these sounds occur in the word.

For instance, in the word "art", transcribed "AH UR 'T"‘. if we assign numbers
to the 3 different sounds so that AH =1, UR =2, and T = 3, thena rudimentary
esact match transcription of the word "art" might appear as

AH AH AH AH UR UR UR T T
1 1 1 1 2 2 2 3 3

When associated with other words, the sounds AH, UR, and T may be assigned
different numerical values so that, in the particular word in question, numbers
assigned to sounds form a monotonically increasing sequence. This assign-
ment is readily implemented by assigning to each sound recognition outpui:

unit (flip-flop), a voltage divider, where each tap on the divider is routedto

different word=recognition units. Numerical values of voltages appearing at

the taps correspond to the position of that sound in the sequence of sounds in

the word to which the output of the tap is routed. Hence, as shown in Figure

15, the machine implemented by the above description consists of a number of
different parts.

The machin will be described by reference to a specific example,
wherein the recognition o f only 2 words, the word "art" and the word "tar"

are required. Idealt criptions of these two words contain three basic
sounds. With the recog tmn of each there is associated a flip-flop labeled



FF(AH), FF(UR), FF(T). As a result of each speech sample, usually only
one of the sound recognition flip-flops will be ON. It thus generates a pair
of voltages at the two taps of the voltage dividers labeled AH, and AH., ‘UR1
and UR , Tyand T, depending on which flip-flop drives the attenuator.

The sub‘scrlpts mdzmate to which word recognition device (one or two, cors=
responding to the words '"art" and "tar") the divider outputs are routed. The
numerical values of the coefficients signify the position 6f the corresponding
sound in the word whose number is denoted by the subscripts of the coefficient.
Coefficients with like subscripts are added, resulting in the occurrence of a
monotonic sequence of voltages at the output of that adder which corresponds
to the word presently uttered. Since gound sequences corresponding to dif-
ferent words will not be identical for good transcriptions, only one of the
summing devices will have a monotonic voltage output as a function of time.

This will occur in the particular device which corresponds to the wordbeing
spoken. :

The differentiator that follows each summing device will have an
output which consists of a sequence of positive impulses if the right sequence
of sounds, corresponding to the word of present interest, is uttered. Mul-
tiple successive occurrences of identical sounds will result in a differentiator
output that still only consists of positive irnpulses, except that impulses will
be missing at times corresponding to the multiple occurrence of identical
sounds. The occurrence of negative impulses in any of the differentiator
outputs indicates that the word corresponding to the particular summer
differentiator probably did not occur. Recognition of a word should be based
on a comparison of the numerical values of the output of a set of low-pass
filters that follow the differentiators. The output of each low-pass filter is
proportional to the number of positive impulses minus the number of negative
impulses that occurred at the output of the differentiator over a period of time
eqal to the word length. Thus the word which resulted in the least number of
errors in the expected sound sequence is said to have been spoken.

Since a thorough evaluation of either of these approaches to word
recognition can be conducted only after a parameter space which separates
essentially all speech sounds has been constructed, tests have been confined
during this project to the easily simulated, engineering approach. A test
word list consisting of 25 words has been selected, and exact match trans-

criptions have been used as inputs to 25 word recognition units designed in
accordance with the illustration in Figure 15.
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Séveral considerations have entered mto the selection of a test
to be easier to perform if the length and var1a.t1on in length of words are
large. Therefore, to-<dnsure that a high level of difficulty is established for
testing word recognition and transcription schemes, short test words should
be selected for the test vocabulary.

For a given voca.bula.ry size, word recognition tends to be less
difficult if many different sounds are involved in the words On the other
hand; sound recognition may become more difficult as the number of allowable
spéech sounds i5 increased in a vocabulary. Since the test vocabulary is to
be used both as a means of evaluating speech transeriptions and word recog=
nition methods, we have chosen not to limit the sou.ds in a transcription to
those involved in a test word vocabulary:. Therefore, sound recognition
capability is made independent of the test word vocabulary, and will not be
affected by the distribution of sounds in these words. At the same time, we
have chosen to select a vocabulary such that each word is not only short but
tends to sound like a few of the other words in the vocabulary, o that word
recognition; even by a human, may be a significantly difficult problem. The
Test Word List (TWL) appears in Table 19.

TABLE 19. TEST WORD LIST

ZERO NINE START
ONE PLUS ALPHA
TWO MINUS BETA
THREE TIMES X
FOUR PRINT Y
FIVE EQUALS Z
SiX STOP REPEAT
SEVEN POINT THROUGH
This vocabulary was selected to illustrate typical commands and data for use

in a computer-input application, as well as to satisfy the qualitative desiderata
discussed above.

The ten spoken numerals have been used in the past* as test words.
The other 15 words in the Test Word List include several word groups with
commeon voiced and unvoiced sounds. The relative frequencies of occurrence
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of sounds in the TWL are shown in Table 20, along with the relative frequency
of occurrence of sounds in conversational speech.* Although no major effort
waé made to match the distribution of sounds in the TWL precisely with their
distribution in conversational speech, a close correspondence was obtained
for all but six of the sounds. The 23 sounds involved in the TWL account for

To obtain a statistically significant indication of word recognition
performance, five diffe¥ent utterances of each word in the test word list were
trangcribed with the rudimentary exact match method (interpolating non-vowel
sounds),, and each of the resulting 125 sequernces of sounds were processed
through each of 25 word recognition units. The transcriptions were performed
by computer simulation, and the word recognition units were simulated by hand
calculations. Approximately 80 percent correct identification of words was
obtained, using only peak-patterns as the extracted parameters. While no
tests were possible using spectral moments, as well as spectral peaks, it is
anticipated that these simple exact match transcription and word recognition
methods will produce greater than 90 percent correct identification of words;
taking into account unvoiced, as well as voiced sounds,

#As derived from Table 15 in [ 4].

p. 96.
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TABLE 20.

RELATIVE FREQUENCY OF OCCURRENCE OF SOUNDS

i Relative Frequency of Sound Occurrence (Percent)|

[1PA || 1In Test Word List | In Gonversational Speech* -
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5. CONCLUSIONS AND RECOMMENDATIONS

The basic approach to speech transcfription investigated on this
project consists of (1) representing speech signals as sequences of
periodic sample patterns of parameter values, called 'instantaneous
spectra', and (2) associating phonetic language elements with
gelected sets of patterns. To ascertain storage requirements and
obtain estimates of the accuracy with which speech sounds ¢an be
represented, laboratory speech processing equipment (Figure 5) has
been ut111zed to obtain data on several parameters (Table 9); and the
representat1on of speech sounds in the parameter spaces constructed
from two combinations of these parameters has been investigated.
Methods of associating patterns of parameter values with speech sounds;
and sequences of speech sounds.with words, have also been examined.
Although these methods were selected primarily on the basis of ease
of instrumentation; they exhibit high potential for providing accurate
trangcriptions and word recognition. Salient conclusions and recoms=
mendations for further development of these methods are presented
in the following paragraphs.

Accuracy

With respect to accuracy, Tables 12, 13, and 14 indicate that
parameter spaces constructed from spectral peaks and a few other
parameters reflecting spectral shape of speech samples can be expected
to provide good separation of vowels and other voiced sounds.
Specifically, the average estimated probability of correctly identifying
the vowel sound from which a single 17 msec speech sample is taken,
is approximately 0.74, using spectral peaks alone (peak space).
Augmentation of peak space with the first two spectrum moments
increases the zstimated probability of correctly identifying a single
vowel sample to 0,86, If the "plurality-rule' method (Section 4. 1) of
combining speech samples within segments correspondmg to single

speech sounds, is used to reduce the number of decisions rendered
unit time, then these individual sample probabilities could
to produce a probability of correct decision (for vowels) of 0. §
for peak-space and peak-moment space, respectively. *

Q..
‘U‘

[

]

]
koo

D

0
Prg

These figures are based on the assumption that an average of five
speech samples occur within a speech segment.
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Recognition of 25 or more words by processing sequences of transcribed
speech sounds can be performed with relatively simple equipment (Figure
15). The accuracy attainable is expected to be quite high when several
additional parameters are measured in conjunction with spectral peaks.
Using spectral peaks alone with the rudimentary transcription method for
vowel sounds and interpolating non=vowel sounds, an 80 percent probability
of correct recognition of one of 25 words has been obtained with the most
easily instrumented word recognition method.

Storage Requlrem ents

The number of different patterns of parameter values which can occur
in speech within an interval corresponding to a single decision serves as
an indication of the efficiency with which speech signhals are being pros
cessed, as well as the complexity of equipment required to render the
decision automatically. With the rudimentary exact match method of
associating a speech sound with each speech sample, the number of different
patterns of parameter values is quite small. Using only spectral peaks in
an 18 channel vocoder; for instance, there are less than 7000 different
patterns which are possible: This would indicate that less than 13 bits
of information are utilized for each decision. Moreover, taking into
account the fact that not all possible patterns of parameter values are
produced by speech signals, the information processed for each decision
is even less. With spectral peaks, for instance, it is estimated (Section
3. 1) that no more than approximately 400 different spectral peak patterns
would ever occur in vowel sounds; i. e. only 9 bits per decision would be
required for vowel sounds. With the addition of other speech parameters
the information storage requirements would increase, but evidently not
drastically. With the addition of the first two speéctral moments (properly
quantized as indicated in Figure 9), it appears that three additional bits

would suffice.

Implementation

method, a reference library censisting of 1000 pa tterns can be handled

quite easily. The exploitation of either "always" or ''never" conditions

From the standpoint of implementing an exact match transcription

for most of the binary quantities invelved in patterns of parameter values,
produces a decision "tree" with only a few nodes and branches. This
transcription method can be implemented readily with diode matrices or
relays.

-78-
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Word recognition units can be constructed readily by the method
indicated in Figure 15. It should be stressed that by first transcribing
speech into sequences of speech sounds, essentially all restrictions on
the number and type of different words which can be handled are lifted.
Of course, performance will tend to be degraded as the number of words
it is desired to distinguish between increases; but the construction of
word recognition units ¢an proceed independently of the transcription

method being employed.

The data collection and analysis program reported here primarily
for voiced sounds should be carried out for the remaining speech sounds.
This would produce a complete indication of the transcription aceuracy
attainable with spectral peaks and spectrum moments.

Two courses f6F improving transcnptwn accuracy, augmentation
of parameters and modification of recognition m ethods (discussed in
Section 4. 1), should be pursued in the follow;ng way. First, additional
speech parameters should be introduced to produce a parameter space
in which all speech sounds are widely separated. In addition to normaliza=
tion of the spectral moments, the following parameters deserve
examination:

(1) Derivative of Normalized Speech Envelope

(2) Silence Indication

(3) Low Frequency First and Second Moments
(4) High Frequency First and Second Moments
(5) Duration of Unvoiced Intervals

(6) Formant Time Derivative Polarity

With the addition of some of these parameters, the rudimentary exact

match transcription method, with smoothing (see Section 4. 1), should produce

acceptable transcriptions for the majority of speech sounds.

To attain a readable transcription for all me.mbers of a phonetic
alphabet, it may be necessary to ifitroduce another method of recognition.

Through the use of the parameter, AS (Sectmn 3. 1 1), sp ,h may be

f
speech sounds, or p@rt;ons of speech sounds. By cgmb.;n;_wg all of the
patterns of parameter values o c,cu.. ring in a given segment, a more
reliable decision can be rendered. As suggested in Section 4. 1, several



methods of combining the samples occurring within a segment should
be investigated thoroughly, inc¢luding correlation of cumulative
spectral peak counts with replicas of spectral profiles, and plurality
rule of sounds within each segment.



APPENDIX I

Program for Simulating a Peak-Picking Formant Tracking Vocoder

The input to the program consists of a sequence of "“instantaneous spectra'
(samples of a vocoder output taken every A seconds) representing an
isolated spoken word. The number of spectra in each utterance depends
upon the duration of the word., Each spectrurn is in 18 channel vocoder
forrnat with the energy in each channel quantized in 3 bits, and is repre=
gented by the quantities, a;,..., ayg. The object of the program is to
locate for each spectrum the frequency channels in which the energy exhibits
a local maximum. Theé output for each spectrum consists of 18 bits, one
for each vocoder channel, where a '"one" indicates a peak and a "zero',

no peak, in the corresponding channel:. In addition, one bit for the voiced-
unvoiced decision and three bits for the number of peaks are included. A flow
for this program is shown in Figure 16.

The method of locating the local peaks may be described bi‘iefl‘y as follows:

There is a peak in channelnifa_>a_, . anda_>a .. a_and
n n+l n n=1 0

a,, are assumed equal to 0, to allow peaks at the ends. If there are
séveral channels of equal magnitude surrounded by channels of smaller
magnitude, there are two alternatives. If the number of equal channels is
odd the peak is placed in the middle channel. If the number is even the
middle lies between two channels. In this case the peak is placed on the
side of the middle which has the largest surrounding channel; of if the two
surrounding channels are equal the peak is placed arbitrarily on the low
frequency side.

A result of the peak-picking operation is shown in Figure 17, .
The voiced-unvoiced decision is made using a linear discriminant.
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“Pick up next
| spectrum ‘

:al,...,alg

[ Print and
| Punch peak
| Spectrum

~ Compute
Voice bit

 zero peak
.area

, a.:
i1 ‘
 §

(Agmag-ai-1) | 1
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Figure 16. Flow Chart for Spectrum Peak Picking Program
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APPENDIX II

Ten Most Frequently Occurring Patterns in Peak
Space and Peak-Moment Space, For each Vowel
Sound and a Single Speaker

A. PEAK SPACE

The ten most frequently occurring patterns of values of the
local spectral peaks are listed below for each of the eleven vowel sounds
listed in Table 1.
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B. Peak-Mornént Space

The ten most frequently occurring patterns of values of the local
spectral peaks and the first three spectral moments are listed below
for each of the eleven vowel sounds listed in Table 1,

Spectral Peaks

Sound 1234567891011 12131415 161718 Mg My M
1 1 i i 111 1006 01
1 1 i f 110 011 00
1 i i 110 100 01
i 1 1 110 011 01
1 i 1 i 111 100 01
A 1 1 1 1 111 101 01
1 i i 111 100 01
i 1 i 110 011 01
1 1 111 101 01
i 110 011 00
Spectral Peaks

Sound 1234567891011 12131415161718 Mo M M
1 1 1 101 011 00
] 1 110 011 00
1 1 1 110 011 o1
1 11 110 100 01
, 1 1 1 1 111 100 01
AH 1 1 1 1 | 111 100 01
1 1 101 011 00
1 1 1 110 100 01
1 11 111 100 01
1 1 1 1 111 100 01
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APPENDIX 111

into a Reduced Space

The purpose of this program is the simultaneous generation 6f an
“intermediate reference library' of "instantaneous spectra" in the 18
bit peak-picked format, and recording of speech data as a sequence of
intermediate reference library numbers.

This program, designated as SMREF, sets up a library of reféerence
patterns for speech data based on the following rules for similarity
of two input spectra:

1. Voiced-unvoiced désignation must be the same.

2. The number of peaks must be the same.

3. If the number of peaks i§ ze¥o or one, the spectra must
be identical.

b iy e— _ [

. ——

r——3

ey ge——,

4, 1If the number of peaks is greater than one but less than seven,
corresponding peaks of one spectrum must not be more than one channel
away from those of the other and the direction of the shift in peak locations
must be the same.

Input is a series of tapes; the first record in each section indicates
the number of vectors to follow, where each vector is a one word record

describing the peak patterns, i.e., the location of the peaks, the voicing
ndication and the number of peaks. The input is compared against all )
previously established reference patterns. If a match if found, the
_"mat:ching count' for the reference is up-dated. If no match, the input
is stored as a new reference pattern, For each input the number of the

matching reference spectrum is typed.

[

]

~0

i~
]

[UT——



—i

- %

>

After all input spectra have been examined, the library is sorted and a
three sectional tape is punched. The first contains the unvoiced patterns
arranged according to number of peaks followed by the "count" of unvoiced
patterns. The sécond consists of the same data for the voiced sounds.
Section three is the unsorted reféerence library and all necessary controls
for continuing the library generation at a later date. A copy of the sorted
libraries is also typed.

There are the following restrictions:

1. Program is designed for eighteen channel data with a
maximum of six peaks.

vectors is used, there is a possibility of exceeding this space. (Loc. 0045.1

indicates the storage location for the storage location for the next reference
pattern; . This should not exceed 6777. 0).

The program has been written for the Recomp II Computer for
Contract AF30(602)=2641; February, 1962.

. Flow charts for this program are shown in Figures 18, 19, and
20.
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Figure 19, Flow Chart for Matching (Subroutine for SMERF)
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Output Section for SMREF
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